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ABSTRACT
Class D ampliﬁers are based on a low-bit pulse width modu-
lated (PWM) signal reconstructed through the lowpass char-
acteristic of the loudspeaker. To create a PWM signal, a
non-linear conversion from a standard pulse code modulated
(PCM) signal has to be performed. The non-linear distor-
tion created in this conversion process can be minimised
by non-linear predistortion based on a Wiener-Hammerstein
system. In this paper, we compare single and double-sided
PWM conversion, whereby the former exhibits a higher res-
olution but also higher non-linearity compared to the latter.
The trade-off between both approaches in creating a highly
linear high performance class D audio ampliﬁer is demon-
strated by means of simulations and an implementation.
1. INTRODUCTION
Digital class-D ampliﬁers use a pulse-width modulated sig-
nal to switch transistors, which represents a very efﬁcient
use of the power ampliﬁer stage [1, 2]. The demodulation
of this this two-level signal is usually performed by the low-
pass ﬁlter, which is implemented using passive components.
The reduced cost and excellent efﬁciency of this approach
have particularly triggered applications for the low-cost, low-
performance end of the market.
In order to apply class-D type ampliﬁers for the high-end
market, non-linearities in the PWM conversion [3] need to
be overcome, whereby two approaches have been proposed
on the literature. Firstly, feedback correction of the ampli-
ﬁer output can be used to correct the PCM input [4, 5]. Sec-
ondly, non-linear predistortion can be used to counteract non-
linear behaviour [6, 7, 8, 9, 10]. One particular predistor-
tion technique is Wiener-Hammerstein systems which com-
bine a simple polynomial non-linearity with linear ﬁltering to
create non-linear systems with memory [11]. Such Wiener-
Hammerstein systems have also been proposed in the context
of audio ampliﬁer predistortion [9, 12, 13], and will be the
particular focus of this paper.
In this paper, we will follow a suggestion by [12, 13],
where a Taylor series expansion of the distortion-inducing
PWM conversion leads directly to a Wiener-Hammerstein
model. Different models arise for single-sided and double-
sided PWM. While single-sided PWM has a higher resolu-
tion than double-sided PWM, it introduces a higher level of
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distortion and requires a stronger predistortion intervention.
The aim of this paper is therefore to compare these two ap-
proaches, and compare theoretical and simulated results with
measurements obtained from a system implementation. In
terms of implementations, sufﬁciently fast digital signal pro-
cessing devices such as TI’s TMS320C6415 or the MityDSP
board featuring a combination of a TMS320C6455 and an
FPGA are explored.
The paper is organised as follows. In Sec. 2 the over-
all system setup is brieﬂy outlined. The PCM-PWM con-
version is described in Sec. 3, leading to the precoder re-
viewed in Sec. 4. We analyse simulations of the overall sys-
tem in Sec. 5, comment on the implementation options, in-
clude measurements obtained from an implemented system.
Conclusions are drawn in Sec. 6.
2. OVERALL SYSTEM SET-UP AND MODEL
The overall system set-up is the feedback-free architecture
shown in Fig. 1. A PCM audio signal with 24 bits resolution
sampled at 96kHz is passed through a linear-phase upsam-
pler by a factor of 4 to a sampling rate of fs = 384 kHz. and
a reduction to 8 bits word length. The noise-shaping block
reduces the word length to 8 bits whilst preserving the noise
ﬂoor in the audio range by way of sigma-delta techniques.
Following the potential pre-distortion device, the 8 bit PCM
signal is then passed through a PWM modulator, with a bi-
nary output with values ±1 operated at a sampling rate of
28 ·384kHz = 98.304MHz. This binary signal is power am-
pliﬁed fed to a loudspeaker, which acts as a lowpass ﬁlter.
The PCM/PWM conversion is a non-linear operation,
which creates harmonic distortion. To compensate for the
introduced distortion, a pre-distortion device is added to the
system in Fig. 1. Note that the noise shaping block is trans-
parent in the baseband, and operating the pre-distortion block
ﬁrst enables a resolution of 24 bits rather than 8 bits.
Even though the above system represents a multirate sce-
nario, we assume for simplicity that all signals in Fig. 1 are
represented at the same rate fs, and that the noise-shaping
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Figure 1: Overall system set-up.
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Figure 2: Output of a single-sided PWM conversion over one
sampling period.
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Figure 3: Output of a double-sided PWM conversion over
one sampling period.
subsystem is transparent to the signal of interest. We further
assume that the loudspeaker has a lowpass impulse response
denoted by h[n].
3. PCM–PWM CONVERSIONMODELS
3.1 Single-Sided PWM
A simple 2-level universally sampled PWM digital modula-
tor can be realised by comparing a pulse code modulation
signal with a sawtooth running at the PCM sampling fre-
quency fs. The resolution of the sawtooth clock fc deter-
mines the precision of the conversion process.
Let z(t) ∈ {±1} be the output of this single-sided PWM
modulator, given an input y[n]. Firstly, we consider the con-
volution with a lowpass ﬁlter h(t) at its output, z(ss)h (t) =
z(ss)(t) ∗ h(t), and sample the signal at a sufﬁciently high
rate fs = T−1s such that z(ss)h [n] = z(ss)h (nTs). This single-sided
PWM model for z(ss)(t) is shown in Fig. 2, and leads to the
description
z
(ss)
h [n] =
∞
∑
j=−∞
⎧⎪⎨
⎪⎩
1
2 y[ j]∫
− 12
h[n−j−τ]dτ−
1
2∫
1
2 y[ j]
h[n−j−τ]dτ
⎫⎪⎬
⎪⎭ (1)
for the sampled output. The PCM input is restricted to
|y[n]|< 1.
3.2 Double-Sided PWM
The model for a double-sided PCM-PWM conversion analo-
gous to Sec. 3.1 is given in Fig. 3, which can be achieved by
comparing the PCM signal with a triangular waveform. The
output z(ds)h [n] in this case consists of three segments,
z(ds)[n] =
∞
∑
j=−∞
⎧⎪⎨
⎪⎩
− 14+
1
4 y[ j]∫
− 12
h[n−j−τ]dτ −
−
1
4−
1
4 y[ j]∫
− 14+
1
4 y[ j]
h[n−j−τ]dτ+
1
2∫
1
4−
1
4 y[ j]
h[n−j−τ]dτ
⎫⎪⎬
⎪⎭ (2)
The drawback of this symmetric scheme is that the sampled
PWM signal achieves a resolution reduced by one bit com-
pared to the single-sided scheme on Fig. 2. However, this
can be compensated through changes to the noise shaper.
3.3 Taylor Series Expansion
Consider PWM combined with the subsequent lowpass ﬁl-
ter, based on (1) and (2). Performing a Taylor series expan-
sion on the single-sided PWM according to Fig. 2 around the
points y[n] = 0 requires a lengthy derivation leading to the
expression [14]
z
(ss)
h [n]≈
∞
∑
i=0
(− 12)
i
(i+1)!
h(i)[n]∗ y[n] , (3)
where ∗ is the convolution operator. The approximation in
(3) holds in the low-frequency range, and h(i)[n] is the dis-
cretised version of the ith differentiation of h(t), i.e.
h(i)[n] = ∂
ih(t)
∂ ti
∣∣
t=nTs
. (4)
The description in (3) is equivalent to the model derived for
a trailing single-sided PWM in [13].
For a double-sided PWM conversion as shown in Fig. 3,
the Taylor series expansion around y[n] = 0 leads to [14]
z(ds)[k] ≈
∞
∑
ν=1
1
42ν−2(2ν−1)!
h(2ν−2)[k]∗ x2ν−1[k]
−
1
42ν(2ν)!
h(2μ)[k]∗ x2ν [k] . (5)
The exact derivation [14] contains fractionally delayed
derivatives h(i)[n], which can be approximated by the simpli-
ﬁed expression (5) in the low-pass region. The double-sided
system in [13], which uses an inverted model for Fig. 3 re-
sulting in a different series expansion, can be shown to be
equivalent.
3.4 Wiener-Hammerstein Model
Using the above Taylor series expansion, the PWM conver-
sion system can be described by a parallel arrangement of
Wiener-Hammerstein systems, whereby the differentiations
(4) are expressed in terms of the lowpass ﬁlter h[n] and ith
order differentiators d(i)[n], h(i)[n] = d(i)[n]∗h[n]. In order to
align differentiators in time, we assume the non-causal sys-
tems
d(1)[n] = 1
2
δ [n+1] − 1
2
δ [n−1] , (6)
d(2)[n] = −δ [n+1] + 2δ [n] − δ [n−1] , (7)
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z
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h [n] =
{
b0y[n]+
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2
(y2[n+1]− y2[n−1]+b2(−y3[n+1]+2y3[n]− y3[n−1])+O(y4)
}
∗ h[n] = z(SS)[n]∗ h[n] (8)
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Figure 4: Hammerstein model of a single-sided PWMmodu-
lator (dashed box) including an ith order differentiator d(i)[n],
followed by the lowpass ﬁlter h[n]which represents the loud-
speaker.
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Figure 5: Hammerstein model of a double-sided PWM mod-
ulator (dashed box). Note that the 2nd branch includes a 2nd
order derivative.
for the ﬁrst two expansion terms. Note that (6) is a suitable
approximation at low frequencies of a 1st order derivative,
which is justiﬁed due to subsequent ﬁltering with h[n]. Note
that the approximation of the ﬁrst order derivative in (6) is
correct at low frequencies. The non-causality is for nota-
tional convenience only, as the overall system can be made
causal by introducing an appropriate overall delay.
This leads to a representation of the non-linear PWM
conversion comprising of non-linear elements, differentia-
tors of various orders, and a lowpass ﬁlter h[n] as depicted
in Figs. 4 and 5 for the single- and double-sided approaches.
The overall outputs z(SS)h [n] and z
(DS)
h [n] given an input y[n]
are therefore characterised by (8) and (9), whereby the in-
termediate signal z[n] denotes the input to the lowpass ﬁlter,
O(y4) refers to terms in y[n] of 4th or higher order.
4. PREDISTORTION
Following the approach in [13], a non-linear predistortion de-
vice approximating the inverse of the PWM expansion is se-
lected to have the same structure as the models in Figs. 4 and
5, whereby the inﬁnite series in the PWM models are trun-
cated to 3rd order. Assuming that |x[n]| < 1∀n, we describe
powers of x[n] (or multiplicative combinations of differently
delayed versions of x[n]) higher than cubic order by O(x4),
which are subsequently neglected.
model predistortion
mode b0 b1 b2 a0 a1 a2
single sided 1 − 14
1
24 1
1
4 −
1
24
double sided 1 − 132
1
96 1
1
32 −
29
3072
Table 1: Parameters of single-and double-sided PWM model
and the coefﬁcients of the predistortion ﬁlter.
4.1 Single-Sided PWM Inversion
For the single-sided case, inserting the predistortion output
y[n] = f (x[n]) into (8) leads to (11), resulting in the selection
a0b0 = 1 −→ a0 = b−10 (12)
a1b0 =−a20b1 −→ a1 = b
−3
0 b1 (13)
a2b0 =−a0b2 −→ a2 =−b−20 b2 (14)
in order to create a unity gain for the linear terms and elim-
inate quadratic and cubic terms for the single-sided system.
Cubic components with mixed lags cannot be cancelled but
can be shown to exhibit a highpass characteristic, i.e. they
will not interfer with the baseband signal of interest. Com-
pared to the results in [13], (12) and (13) agree but (14) has
a reversed sign due to a different approach compared to the
single-sided PWM in Fig. 2.
4.2 Double-Sided PWM Inversion
For double-sided PWM, the insertion of a 3rd order non-
linear predistortion into (9) yields (15). Therefore, the se-
lection
a0b0 = 1 −→ a0 = b−10
a1b0 = −a20b1 −→ a1 =−b
−3
0 b1
a2b0 = −a0(a1b1+a20b2)−→ a2 =−b
−1
0 a0(a1b1+a
2
0b2)
results, whereby the uncancelled 3rd order term in line (15) is
referred to as 3rd order residual. Based on the above sets of
equations, coefﬁcient sets for both single-and double-sided
PWM are summarised in Tab. 1.
5. SIMULATION, IMPLEMENTATION AND
MEASUREMENTS
This section reports on simulation results using different pre-
distortion methods to linearise the PWM conversion, com-
ments on the implementation and presents measurements ob-
tained from an experimental class-D ampliﬁer.
5.1 System Simulations
To test the system for different predistortion scenarios,
uncorrelated, uniformly distributed noise with amplitude
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z(SS)[n] = b0
{
a0x[n]+
a1
2
(x2[n+1]− x2[n−1])+a2(−x3[n+1]+2x3[n]− x3[n−1])
}
+
+
b1
2
{
a20x
2[n+1]+ a0a1
2
x[n+1](x2[n+2]− x2[n])−a20x2[n−1]−
a0a1
2
x[n−1](x2[n]− x2[n−2])+O(x4)
}
+b2
{
−a0x
3[n+1]+2a0x3[n]−a0x3[n−1]+O(x4)
}
= a0b0x[n] +
1
2
(a1b0 +a20b1)(x2[n+1]− x2[n−1]) + (a2b0 +a0b2)(−x3[n+1]+2x3[n]− x3[n−1])
+
a0a1b1
4
{
x[n+1](x2[n+2]− x2[n]) − x[n−1](x2[n]− x2[n−2])
}
+ O(x4) (11)
z(DS)[n] = a0b0x[n]+ (a1b0 +a20b1){−x2[n+1]+2x2[n]− x2[n−1]}
+2(a2b0 +a0a1b1 +a30b2){−y3[n+1]+2y3[n]− y3[n−1]}
+(a0a1b1)
{
x[n+1](x2[n+2]+ x2[n])−2x[n](x2[n+1]+ x2[n−1])+ x[n−1](x2[n]+ x2[n−2])
}
O(x4) (15)
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Figure 6: PSDs for system simulation with and without pre-
distortion for both single- and double-sided PWM.
|x[n]| ≤ 12 is used as an excitation sequence. The constant
power spectral densities (PSDs) in Fig. 6 indicate the input
signal level for reference. In addition, PSDs for single- and
double-sided PWM with and without non-linear predistor-
tion are shown, whereby the 3rd order residuals of (11) and
(15) indicate the maximum level of performance that can be
expectedwith the truncation imposed on the predistortion de-
vices. Overall, it is clear that the double-sided PWM exhibits
a much enhanced performance.
For later reference, when excited by a 6.4kHz tone, the
double-sided PWM system without and with predistortion
yields the spectra shown in Fig. 7. The reduction of har-
monic peaks at integer multiples of the excitation frequency
is clearly visible.
5.2 System Implementation
A class-D implementation consists of the digital multirate
system part shown in Fig. 1 and an H-bridge of transistors.
One test board implementing the digital class-D power am-
pliﬁer is shown in Fig. 8, with an FPGA performing the con-
0 0.5 1 1.5 2
x 104
−150
−100
−50
0
Po
w
er
 (d
B 
inp
utF
req
)
Frequency (Hz)
0 2000 4000 6000 8000 10000 12000 14000 16000 18000
−150
−100
−50
0
Po
w
er
 (d
B 
inp
utF
req
)
Frequency (Hz)
Figure 7: Digital power ampliﬁer simulation using double-
sided modulation (top) without and (bottom) with non-linear
predistortion.
Figure 8: Digital class-D power ampliﬁer test implementa-
tion, constructed for Linn Products Ltd., Glasgow, Scotland.
274
Figure 9: Spectrum analysis measurement of the class-D
power ampliﬁer output, based on the system, implementa-
tion in Fig. 8 using double-sided modulation (top) without
and (bottom) with non-linear predistortion.
version processing, and a 100MHz output feeding into an
H-bridge and power ampliﬁer stage. Typically, the process-
ing requires signiﬁcant ﬁltering effort for the upconversion to
384kHz, and powerful digital signal processing devices such
as the Texas Instruments TMS320C4615 are a suitable op-
tion. A system currently under investigation is the MityDSP
combining a high-performance 32-bit TMS320C6455 with
an FPGA front-end for the PWM conversion operating close
to 100MHz.
5.3 Measurements
Spectrum analyser screen shots obtained from the test system
operating in the absence and presence of a non-linear predis-
tortion device for a double-sided PWM conversion are de-
picted in Fig. 9 for an input frequency of 6.4kHz. The results
indicate the harmonic structure resulting from non-linear dis-
tortion, and its reduction by approx. 20dB when employing a
3rd order non-linear Wiener-Hammerstein predistortion sys-
tem. Note that this comes at the cost of a small raising of
the general noise ﬂoor at low frequencies. Similar results,
which are omitted to space limitation, can be obtained for
the single-sided system [14], whereby harmonic levels are
consistently higher.
6. CONCLUSIONS
Non-linear predistortion based on a Wiener-Hammerstein
system obtained from a Taylor series expansion of single-
and double-sided PWM conversion has been discussed. The
linear dynamic range of a digital ampliﬁer can be increased
to satisfy the quality requirements placed on class-D ampli-
ﬁers to be employed in high ﬁdelity audio systems. Amongst
the two modulation types, the double-sided approach, despite
its one bit lower resolution, has been shown to achieve a sig-
niﬁcantly better performance in terms of linearity, particu-
lar when a non-linear predistortion device is utilised. Im-
plementation options on a number of devices, including the
TMS320C6415 or the TMS320C6455 in combination with
FPGAs for the PWM conversion have been discussed.
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